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(57) ABSTRACT 

An efficient and effective method and system for providing 
to a customer an audible call notification of a current call and 
a subsequently received call waiting call. The present 
embodiments notify the customer that a current call is 
waiting in an effective manner that reduces confusion. 
Confusion is reduced by the combination of audible call 
waiting indicators and audible caller identification informa- 
tion associated with the calling telephone station. 
Additionally, both the indicator and the representation of the 
information can be provided automatically without signifi- 
cant delay. The indication is provided even when standard 
caller identification information is not available by prompt- 
ing the caller to provide spoken caller identification infor- 
mation. The spoken caller identification information is pro- 
vided to the called party along with call disposition options, 
such as options to accept or reject the call, route the call to 
voice mail or send a sales refusal message. 

3 Claims, 5 Drawing Sheets 
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METHOD AND SYSTEM FOR PROVIDING 
ENHANCED CALL WATTING AND CALLER 
IDENTIFICATION 

CROSS REFERENCE TO RELATED 
APPLICATIONS 

This patent application is a continuation-in-part of appli- 
cation Ser. No. 09/122,484, filed Jul. 24, 1998 and a 
continuation-in-part of application Ser. No. 09/044,574, 
filed Mar. 19, 1998. 

BACKGROUND 

The present invention relates generally to telecommuni- 
cations call processing and more particularly to caller iden- 
tification and call waiting features. 

Telecommunications service providers typically offer ser- 
vices that attempt to provide customers with information 
that enables them to determine whether or not to accept a 
call before answering the call. Among these services that 
provide such information is caller identification ("Caller 
ID") and Call waiting. Standard Caller ID services generally 
provide a customer with an indication of who is calling 
without requiring the customer to answer the call. These 
systems typically retrieve information about the calling 
party from a database and provide that information to the 
called party. Customer premise equipment (CPE) in the form 
of a display device is generally used to provide the called 
party with a visual readout of the name and/or telephone 
number associated with the calling party. 

However, the effectiveness of Caller ID systems can be 
reduced due to a number of different occurrences. One such 
occurrence is the inability of a service provider to provide 
the standard Caller ID information for a particular incoming 
call. This may occur if the Caller ID information is blocked 
or the call is marked Private by the calling party, or if the 
Caller ID information is unavailable or incomplete. 

Call waiting services generally notify a customer that is 
busy on a previous call that a current call has been placed to 
the customer. Call waiting services commonly utilize an 
audible tone that is transmitted to the customer, to notify the 
customer that the current call is waiting. When the customer 
is notified that the current call is waiting, the customer can 
decide whether or not to suspend the previous call to take the 
current call. Accordingly, information about the current call 
aids in the customer's decision. 

The effectiveness of Caller ID systems is limited when the 
called party receives a call waiting call. Some systems are 
configured to provide Caller ID information to the called 
party for the call waiting call. However, if the system is 
unable to provide the information for any of the reasons 
mentioned above, the called party has no way of identifying 
the source of the Call Waiting call. 

When the standard Caller ID information cannot be 
provided, the called party is not adequately informed about 
who is calling and cannot determine whether or not to accept 
the incoming call before answering the call. For call waiting 
calls, this becomes particularly important because the called 
party must interrupt the ongoing call to answer the Call 
Waiting call. Because the effectiveness of Caller ID systems 
is greatly reduced when information cannot be provided, an 
improved system and method are needed for providing caller 
identification information that overcome these deficiencies. 

Patent application Ser. No. 09/122,484, filed Jul. 24, 1998 
and commonly assigned to the assignee of the present 
application, is incorporated herein by reference. This patent 
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application discloses a method and system for providing a 
called party with audible caller identification information 
when standard caller identification information cannot be 
provided. When standard caller identification information 

5 cannot be provided, the call is blocked and a request for 
audible caller identification information is transmitted to the 
calling party. The audible information is subsequently trans- 
mitted to the called party. 
This method and system are effective at responding to a 

10 first incoming call. However, calls subsequently received 
when the called party is busy in an ongoing call are either 
blocked by the current call or may be handled by standard 
call waiting systems. The standard call waiting system 
presents standard caller identification information. 

15 However, if the standard caller identification information 
cannot be provided, without placing the current call on hold, 
the called party has no information on which to base a 
decision to accept the call waiting call. The called party may 
wish to reject low priority calls but interrupt the ongoing call 

20 to accept higher priority calls. If the standard caller identi- 
fication information cannot be provided for the call waiting 
call, the called party cannot effectively respond to the call 
waiting call. 

Patent application Ser. No. 09/044,574, filed Mar. 19, 
25 1998 and commonly assigned to the assignee of the present 
application, is also incorporated herein by reference. This 
patent application discloses a method and system for pro- 
viding an enhanced call waiting message to a called party 
when the called party is busy on a previous call and receives 
30 a current call. The call waiting message includes a call 
waiting indicator and an audible representation of informa- 
tion associated with the calling party. 
This method and system are effective at handling a call 
35 waiting call by providing audible information to the called 
party based on standard caller identification information. 
However, if standard caller identification information cannot 
be provided, the called party cannot effectively respond to 
the call waiting call. 

40 BRIEF DESCRIPTION OF THE DRAWINGS 

FIG. 1 is a block diagram of a system for processing a 
telephone call; 

FIG. 2 is a more detailed block diagram of the system 
45 depicted in FIG. 1; and 

FIGS. 3-5 are a flow chart illustrating a method for 
processing a telephone call. 

DETAILED DESCRIPTION OF THE 
50 PRESENTLY PREFERRED EMBODIMENTS 

By way of example, FIG. 1 depicts a system 100 of a 
preferred embodiment. The system 100 comprises a network 
102, a called communication station 104 connected with the 

55 network 102 and a calling communication station 106 con- 
nected with the network 102. 

The network 102 preferably comprises first computer 
readable program code 110, second computer readable com- 
puter program code 112 and third computer readable pro- 

$0 gram code 114. The first computer readable program code 
110 forms a means for determining if the called communi- 
cation station is off hook or on hook. Hie second computer 
readable program code 112 forms a means for transmitting 
an audible call waiting indicator to the called communica- 

65 lion station 104 or for ringing the called communication 
station 104. The third computer readable program code 114 
forms a means for providing to the called communication 
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station audible caller identification information using one of SN/IP database 214, a text to speech module 216, a central 

standard caller identification information and spoken caller office 218, calling communication station 220, a called 

identification information provided by the calling party at communication station 220 and a third communication sta- 

the calling communication station 106. It is important to tion 222. Intelligent network system components, com- 

note that while the program codes 110, 112, 114 have been 5 monly referred to as advanced intelligent network (AIN) 

shown as three separate elements, their functionality can be * components, suitable for implementing the present embodi- 

combined and/or distributed. It is also important to note that meat w commercially available from several vendors and 

"medium" is intended to broadly include any suitable w %n 0wn t0 tQ0SC skilled in the art. AIN components can 

medium including analog or digital, hardware or software, implement computer readable program code. Vendors of 

now in use or developed in the future. 10 AIN components typically have a preferred programming 

The system 100 is preferably implemented in a commu- language and operating platform, 
nicatioos network. Alternatively, the system 100 can be SSP202 preferably comprises an AIN switch that routes 
implemented in a computer network or any other network Q ^ Teco&l ^ s arid responds to triggers, generates queries 
that is adapted to store and retrieve information. In yet tQ obtain caU information an d responds to returned call 
another alternative, the system 102 or hardware or software 15 information. SSP 202 connects called communication sta- 
components thereof can be implemented at the subscriber's ^ 222 with central office 218 to enable a call to be placed 
location, for example, in a personal computer and a home between called communication station 222 and calling corn- 
local area network (LAN). The system 100 may include mun ication station 220. SSP 202 further connects called 
other hardware and software components such as other communication station 222 with third communication sta- 
program codes. Each of the computer readable program 20 tion 224 to complete a call between caUed communication 
codes 110, 112, 114 described above is preferably imple- &tation ^ md thild communication station 224. SSP 202 
mented as code written in any suitable programming lan- preferably communicates with SCP 204, central office 218 
guage and implemented on an analog or digital computer and SN | P 2 12 by utilizing a signaling protocol such as 
utilizing any suitable operating system as known by those Signaling System 7 (SS7) or other such signaling protocols 
skilled in the art. Alternatively, each of the computer read- 25 ^ presently known to those skilled in the art or developed 
able program codes 110, 112, 114 can be implemented m the ssp 2 o2 preferably generates queries to SCP 
through the use of hardware in the form of a hardwired 2 04 and receives and responds to responses returned from 
computer, an integrated circuit, or a combination of hard- 204 

ware and computer readable program code as known by ^ preferably comprises a network element that 

those stalled m the art. Tie calling communication station 30 P communications in response to signaling 

106 and the caUed commumcauon sUtton 104 I preferably J££L ^ J ^ „ ^ ^ ^ « ok J 

art, mchiding both analog and dptal telephone equipment. ^ ^ STp m fcrabl transfcrs ries ^ SSP 

According to an alternate embodiment, the commumca- m scp m ^ ^ tQ ^ ries fR)m 

tion stations 104, 106 can comprise any suitable commum- 35 scp ^ 

cation station adapted for use in the present embodiments as , ' .~ r , ..... 

known by those Lied in the art. SCP 206 preferably comprises an AIN element that stores 

The system 100 enables a customer at the called commu- information and receives and responds to queries. SCP 

nicStation 104 to be efficiendy and effectively notified ™ 'preferably stores call control informaUon in the firs 

matacurrentca]lfromcaUmgcommunicationsUtk>nl06is «, s ^ dtfab«»2W «d can access the stored call control 

waiting. TnesystemlOOprovidesaudiblenotificaUonforaU ^^^J^.tSfZ 

* %w,v%^.*Uaw tiw „u .e * ^ ltwnt «ii „r a rail tion information in the second SCP database 210 and can 

incoming ^.'^^^^^^"^ "J access the stored caller identification information. SCP206 
waitmg call which is received while the current call is still , . ~ M . ™ft.«ki„ 

in progress. The system 100 provides an enhanced call rcceive ? I™" 68 generated by SSP 202 and preferab y 
meLg^matmcludLbomthecallwaiu^mdicatorandthe 45 responds to the queries by ^jJ^^S 
audibl! representation of information associated with the ocate the requested call control "formation or caUei ufcn- 

r • .* , in/ r — :it..ot»t Ar i tificauon information as known to those skilled in the art. 

calling communication station 106. In the illustrated ^ r™' . , . t . . - r „ 

embodiment, the audible representation is produced from J 6 ^ t " " 

stored standard caller ID with caller name information. TTie identification information to SSP 202. 

caller name is processed through a text to speech facility to 50 SN/IP 212 preferably comprises a network element that 

produce the^audible representation. If the standard caller enables communications between communication stations 

iffSIficIttonlnF^ provided, the calling 222, 262 and the network. In one embodiment, SN/IP 212 

party is prompted by the system to state his name as spoken comprises a service node. In another embodiment, SN/IP 

caller identification information. The spoken caller identifi- 212 comprises an intelligent peripheral. Both a service node 

cation information is then provided as the audible caller 55 and an intelHgent peripheral are well-known components of 

I identification information. Hie audible caller identification an AIN network. In other networks, SN/IP 212 may com- 

1 information associated with the calling communication sta- prise other components suitable for performing the functions 

tion alerts the customer that the current call is present or described below. 

^waiting and provides the customer with information that SN/IP 212 can preferably transmit messages to and 

assists the customer in deciding whether to take the current <>o receive responses from communication stations 220, 222, 

call. 224. SN/IP 212 can generate announcements that can be 

By way of further example, FIG. 2 depicts one embodi- transmitted to communication stations 220, 222, 224. SN/IP 

ment of the system 100 described above. Communication 212 can transmit responses such as audible caller identifi- 

system 200 comprises a service switching point (SSP) 202, cation information from communication station 220 to com- 

a signal transfer point (STP) 204, a service control point 65 munication station 222 by connecting communication sta- 

j;SCP) 206, a first SCP database 208, a second SCP database tions 220, 222 or by recording and playing back the 

210, a service node/intelligent peripheral (SN/IP) 212, a responses. The announcements transmitted to communica- 
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tion station 222 preferably comprise accept and reject communication station 222 (FIG. 2) is on a previous call 

options along with requests for input from the communica- with a previous calling party at third communication station 

tion station 222. The requests for input preferably comprise 224. Connections are established between called communi- 

requests for input that can be used by SN/IP 212 to cancel cation station 222 and SSP 202 and between SSP 202 and 

calls to communication station 222, connect calls to com- 5 third communication station 224 to enable the previous call 

muoication station 222, forward calls to a voice messaging * connected. Also, assume that after the previous call has 

system or another location such as another telephone line, been commenced, a calling party at calling communicahon 

/ . f _ mm9tt ^ fA • ctaH nn a, station 220 places a current call to the customer at called 

and transmit messages to communication station zzu. as . J 4 . _ f t . 

. . . t . # A *wt* m m4 ,« oil communication station 222. In an attempt to connect the 

used herein, the term voice messaging system means all no,w„ ^^nt^ii tft ocD 

r „ ,1^3, tc x, nm t „ ,n current call, central office 218 routes the current call to SSP 

types of message recording systems as known to those 10 

skilled in the art. SN/IP 212 can preferably receive and * 

respond to the input transmitted from communication station ™* mcthod of * ™JJ ?U tan a 

222 The term input means any suitable signal such as |£pfc>ne station 220 £10. 2) to a called telephone stadon 

DTMF tones, voice input, dial pulse input or modem/fax 222 begins at step 300. At step 302, it is determined if 

input as known to those skilled in the art. 15 f» ^ «Ucr identificaUon information can be provided 

^ . c 1 1 , , for the called commumcation station 222. 

Database 208 preferably comprises a data storage element ... ... C od-»m 

r *u cr>n n . u tne ™*u*«Ki,7^t^^ In this embodiment, when the call is routed to SSP 202, 

for use with SCP 206. Database 208 preferably stores call . , 7 . . . . . oen 

... . . # u - 1 .^uccoiMfA a terminating attempt tngger is activated when SSP 202 

control information that can be implemented by SSP 202 to M 4 4 6 ^ *T n , . . . ... 

f „ou 11 *t*r ^ ,1 attempts to connect the call to called telephone station 222. 

control calls. Such call control id formation is known to those K t ( tUM cc^Lcrpm tw, 

killed * th art 20 c tr ^S er S cneratcs a <piery that is sent to SCP 206. The 

sKiii in . query preferably includes a calling party identification 

Database 210 and database 214 preferably comprise a parameter which caD delude a calling party presentation 

standard caller identification with name database as known restriction indicator and requests the return of standard caller 

to those skilled in the art. Databases 210, 214 preferably identification information. The telephone number associated 

store information associated with a telephone number that is ^ me te i eph oiie station 220 is included in the 

associated with calling communication station 220. The calling party identification parameter of the query. SCP 206 

information associated with the telephone number prefer- receives me query and determines whether or not the called 

ably comprises the identity of a calling party in the form of party at caUed tetephoiie station 2 22 subscribes to the 

the calling party's name. Alternatively, the information preseQt Iq response t0 a determination that the called 

associated with the telephone number can comprise the party subscribes to the present service, SCP 206 analyzes the 

identity of a calling party in the form of the calling party's information included with the query to determine whether 

name and the telephone number for calling commumcation slan dard caller identification information can be provided to 

station 220. The telephone number may comprise a 10 digit caUed ^hone station 222. 

telephone number but can also comprise any type of iden- Determmi ng whether standard caller identification infor- 

tification format used to identify communication stations. ^ m ^ QQ ^ J ovided ^ oae emb odiment comprises the 

Databases 210, 214 can alternatively comprise a caller foXioyfin ste ^ scp m ^ determines whether 

assistance database as known to those skilled in the art. slandanl caUer ideDtification information is unavailable. The 

Thus, databases 210, 214 form a memory which stores scp 2 06 determines whether the standard Caller ID infor- 

cailer identification information and associated name infor- mau * 0 n is unavailable by determining whether or not the 

mation. The memory may be of any suitable construction or ^ ca uin g party identification parameter is present in the query, 

format, such as semiconductor memory, hard disk or other- In addition, the SCP 206 determines whether the standard 

wise. While databases 208, 210, 214 are depicted within a caller identification information is incomplete. The SCP 206 

telecommunications system, databases 208, 210, 214 can pre ferably determines whether the standard caller identifi- 

comprise any suitable databases containing information cation information is mcomplete by detennining whether or 

adapted for use in the present embodiment and are not 45 nol me ca ui n g par ty identification parameter is a valid 

limited to databases located within a telecommunications telephone number. In addition, the SCP 206 determines 

network. It is also important to note that while databases whether the standard caller identification information has 

208, 210, 214 are shown as separate components, they can been blocked. The SCP206 determines whether the standard 

be implemented as a single database. caller identification information has been blocked by deter- 

Central office 218 preferably comprises an AIN network 50 mining whether or not the calling party identification pre- 

switch as known to those skilled in the art. Central office 218 sentation restriction indicator is set to "presentation 

enables calls to be placed between calling communication restricted/' 

station 220 and called communication station 222. If the standard caller identification information cannot be 

Alternatively, central office 218 can comprise a non-AIN provided, at step 304 the calling party is prompted to audibly 

network switch as known to those skilled in the art. 55 prov ide spoken caller identification information. SCP 206 

Communication stations 220, 222, 224 preferably com- accesses database 208 to retrieve call control information 

prise analog telephone sets as known to those skilled in the and returns the call control information to SSP 202. The call 

art . Alternatively, communication stations 220, 222, 224 can control information can be sent to SSP 202 in response to a 

comprise cellular, wireless, personal communication service lead directory number that uniquely identifies each SSP in 

(PCS), ISDN or any other form of communication station 60 the system 200. In response to the call control information, 

known to those skilled in the art. Called communication SSP 202 routes the call to SN/IP 212. When SN/IP 212 

station 222 preferably includes CPE equipment for use with receives the call, SN/IP 212 generates a request for spoken 

caller identification services as known to those skilled in the caller identification information that is transmitted to the 

art. calling telephone station 220. The request preferably com- 

The system 200 depicted in FIGS. 1 and 2 can be utilized 65 prises a statement indicating that the called party doesn't 

to implement the method depicted in FIGS. 3 through 5. For accept calls from unidentified callers and a request for the 

purposes of illustration, assume that a customer at called calling party to speak his/her name and/or the name of the 



04/18/2003, EAST Version: 1.03.0002 



US 6,49 

7 

company that they represent. The request preferably com- 
prises an audible message. Alternatively, the request can be 
displayed on CPE equipment as known to those skilled in the 
art. If the calling party provides an audible response, SN 250 
or IP 290 enables the audible response to be transmitted to 
called telephone station 222 as audible caller identification 
information. The audible response may be stored as audible 
caller identification information, for example at database 
214. Alternatively, if the calling party does not provide the 
requested information, the call is canceled. After prompting 
for and storing the spoken caller identification information, 
control proceeds to step 310. 

At step 302, if standard caller identification information 
can be provided for the calling communication station, at 
step 306 the SN/IP 212 looks up the calling party's name in 
the caller identification with name database. This database is 
stored, for example, at database 214. The system obtains 
information associated with the calling communication sta- 
tion. 

Obtaining information associated with the calling com- 
munication station comprises the following steps. In an AIN 
implementation, when SSP 202 determines that the customer 
at called communication station 222 is busy on a previous 
call, SSP 202 generates a query to SCP 206. In response to 
the query, SCP 206 provides call control information from a 
database such as SCP database 208. In a non-AIN 
environment, a central office associated with the called 
communication station forwards the call in accordance with 
a call forward on busy feature, or other similar function. Call 
forward on busy features and other similar functions are well 
known by those skilled in the art. The call control informa- 
tion instructs SSP 202 where to route the current call when 
called communication station 222 is busy. After receiving 
the query from SSP 202, SCP 206 identifies the relevant call 
control information and forwards it to SSP 202. The relevant 
call control information has been created to enable SSP 202 
to forward the current call to SN/IP 212 when called 
telephone station 222 is busy. In accordance with the call 
control information, SSP 202 routes the current call to SN/IP 
212. SN/IP 212 examines the telephone number associated 
with calling communication station 220 and identifies infor- 
mation corresponding to the telephone number by perform- 
ing a database search of the database 214, for example. The 
information corresponding to the telephone number prefer- 
ably comprises name data indicating the identity of the 
current caller at calling communication station 220 in the 
form of the name of the current caller. Database 214 
preferably comprises a caller identification with name data- 
base as known by those skilled in the art. Alternatively, the 
database 214 can comprise a caller assistance database as 
known by those skilled in the art. Thus, when the standard 
caller identification information can be provided, the system 
retrieves from a database the standard caller identification 
information, including name data for the calling party. 

At step 308, audible caller identification information is 
produced in response to the name data for the calling party. 
In the illustrated embodiment of FIG. 2, SN/IP 212 imple- 
ments the text to speech module 216 to generate an audible 
representation of the name associated with calling commu- 
nication station 220. Control then proceeds to step 310. 

At step 310, the system determines if the called commu- 
nication station 222 is on hook or off hook. The called 
communication station will be off hook if it is busy on a 
previous call, for example with third communication station 
224. The step of determining whether the called communi- 
cation station 222 is busy on a previous call in one embodi- 
ment comprises the following steps. SSP 202 receives the 
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current call and attempts to terminate the call to called 
communication station 222. Because the customer at called 
telephone station 222 is busy on a previous call, the current 
call cannot be terminated to called telephone station 222 and 
5 SSP 202 determines that the customer at called telephone 
station 222 is busy on a previous call. 

If the called communication station is on hook, control 
proceeds to step 400, FIG. 4. If the called communication 
station is off hook, control proceeds to step 500, FIG. 5. 
10 FIG. 4 illustrates call processing in the case of the called 
communication station 222 being on hook. At step 402, the 
system rings the called communication station 222. At step 
404, the system provides available caller identification infor- 
mation to the CPE. This may be standard caller identification 
15 information if that can be provided. This may be indications 
that the standard caller identification information cannot be 
provided, such as an indication that the standard caller 
identification information is unavailable or unknown. In one 
embodiment, the trade name of the service provider's ser- 
10 vice is provided to indicate to the called party that the 
service is processing the call. 

At step 406 in the illustrated embodiment, the system 
determines if the called communication station 222 is being 
l5 answered by a human. In this manner, the present systems 
and methods can be configured to work in conjunction with 
fax machines, answering machines and voice messaging 
systems. After the called party answers the telephone, a 
message is transmitted to the called communication station 
?0 222 requesting the called party to provide appropriate input 
to signify that the call is being answered by a human. The 
message preferably comprises an audible message and is 
preferably transmitted to the called telephone station 222 by 
the SN/IP 212. The input can comprise any suitable signal 
35 such as DTMF tones, dial pulse input, modem/fax input or 
voice input as known to those skilled in the art. If the called 
party provides the requisite input, the audible caller identi- 
fication information provided by the calling party can be 
transmitted to the called party. However, if input is not 
^ provided within a predetermined amount of time, the audible 
caller identification information is not transmitted to the 
called party. Instead, step 408, the calling party can be 
connected with the answering machine or the voice mail 
system and the calling party can leave a conventional 
^ message. The preferred time period within which the input 
must be received to prevent the calling party from being 
connected with the answering machine or voice mail system 
is three seconds. 
Alternatively, if an answering machine or a voice mail 
50 system answers the call, the answering machine or voice 
mail system can immediately transmit a tone input to the 
SN/IP 212 to signify that the call is not being answered by 
a human. In response to the input, the SN/IP 212 can connect 
the calling party to the answering machine or the voice mail 
55 system and the calling party can leave a conventional 
message, step 408. Control proceeds to step 416 where the 
method for processing the call ends. 

If, at step 406, a human answers, at step 410 the audible 
caller identification information is provided to the called 
60 communication station 222. The audible caller identification 
information may be either the spoken caller identification 
information that was provided by the calling party or the 
audible caller identification information produced by the text 
to speech module 216 converting the standard caller iden- 
tification information. Alternatively, the calling telephone 
station 220 and the called telephone station 222 can be 
connected such that the audible caller identification infor- 
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mation can be transmitted between the telephone stations ule 216 to generate an audible representation of the name 

220, 222. The system provides to the called communication associated with calling communication station 220. The 

station 222 audible caller identification information using audible representation of the name is transmitted as audible 

one of standard caller identification information and spoken caller identification information to called telephone station 

caller identification information provided by the calling $ 222. If standard caller identification information could not 

party. be provided, SSP 202 retrieves from SN/IP 212 the stored 

At step 412, after the audible caller identification infer- spoken caller identification information provided by the 

mation has been transmitted, a message is transmitted to calling party when prompted (step 304, FIG. 3). In that case, 

called telephone station 222. The message provides dispo- the spoken caller identification is transmitted as audible 

sition options for the call to the called party. The message 10 caller identification informaUon to called telephone station 

preferably includes instructions that allow the called party to 222. 

accept or reject the call by providing the appropriate input. The audible caller identification information is transmit- 
The message preferably comprises audible instructions that ted within a predetermined amount of time after the call 
are transmitted by SN/IP 212 to called telephone station 222. waiting indicator is transmitted. The previous call is restored 
For example, the called party may be prompted to press 1 on 15 after the name has been transmitted to called telephone 
a keypad of the telephone to accept the call waiting call, in station 222. SSP 202 preferably generates a second call 
which case the calling communication station is connected waiting indicator comprising a tone or other similar indica- 
te) the called communication station. The called party may be tor that is sent to called telephone station 222. The second 
prompted to press 2 to deny the call waiting call, in which call waiting indicator is preferably transmitted to called 
case the calling party hears only ringing. This is advanla- 20 telephone station 222 within a predetermined amount of 
geous because the calling party will have no indication that time after the name is transmitted. The effect is to produce 
the incoming call was rejected, only an indication that no a call waiting message having a beep-name-beep format, in 
one was available to answer the call. The called parry may which the name is the audible caller identification informa- 
be prompted to press 3 to route the call to voice mail, in tion. According to an alternative embodiment, the steps of 
which case a voice mail greeting is played to the calling 2 $ transmitting a call waiting indicator comprise transmitting a 
party, who is given the option to leave a message for the plurality of tones to called telephone station 222. According 
called party. The called party may be prompted to press 4 to to a further alternative embodiment, the call waiting indi- 
send a sales refusal, in which case the system plays an cators are generated by SN/IP 212 and transmitted to called 
announcement rejecting the call and requesting no further telephone station 222. In the case where no Type II capable 
calls. The called party may alternatively be prompted to 30 CPE equipment, then, the system provides audible caller 
press 5 to block the caller, in which case the calling identification information including an audible representa- 
communication station is blocked from ringing the called tion of the calling party's name. Control then proceeds to 
communication station in the future. Other call disposition step 506. 

options may be provided to suit the needs of particular If, at step 501, the system determined that Type II capable 

subscribers, such as residential and business subscribers. 3S CPE is present at the busy extension of the subscriber line, 

At step 414, in response to input provided by the called at step 504 caller identification data is provided to the called 

party, the SN/IP 212 can process the call. Accordingly, the communication station 222. The call path of the previous 

SN/212 can connect the call, cancel the call, transmit a call is temporarily interrupted to place the previous call on 

message to the calling telephone station 220 or forward the hold. The standard caller identification data are provided to 

call to a voice messaging system or another location in 40 the CPE for display of the caller identification as text data, 

response to the input provided by the calling party. The In the preferred embodiment, an audible call waiting indi- 

method for processing the call ends at step 416. cator such as a beep is played to the called party to signify 

FIG. 5 illustrates call processing in the case of the called the waiting call. In response to this indicator, the called party 

communication station 222 being off hook. In this instance, can then examine the display associated with the in-use 

the called communication station 222 is engaged in a 45 extension to read the text data. Control proceeds to step 506. 

previous call with another communication station, such as At step 506, the system determines if a human answers the 

third communication station 224. call. The called communication station 222 may be engaged 

At step 501, the system deterrnines if Type II capable CPE on a previous call which is being handled by an answering 

equipment is present at the off-hook extension of the sub- machine, a voice messaging system or a fax machine. As 

scriber line. Type II CPE operates in conjunction with the 50 described above in connection with step 406 (FIG. 4), a 

communication system according to an established industry message is transmitted to the called communication station 

standard to provide caller identification information when a 222 requesting the called party to provide appropriate input 

called telephone is off hook. Other standards, referred to as to signify that the call is being answered by a human. If no 

Type 2.5 and Type m, are also Type II-capable while appropriate input is received, the calling party may be 

providing additional functions. If Type II capable CPE is not 55 connected to a voice mail system or other answering device 

present, at step 502, audible call waiting information is to leave a message, step 508, or processed in other similar 

provided to the called communication station 222. Accord- fashion. Processing of the call then ends at step 516. If 

ing to one embodiment, SSP 202 generates the call waiting appropriate input is received at step 506, processing contin- 

information comprising a tone or other similar indicator that ues at step 508. 

is transmitted to called telephone station 222 to signify the 60 At step 510, audible caller identification information is 

start of the call waiting message. The call path of the provided to the called communication station 222. If stan- 

previous call is temporarily interrupted to place the previous dard caller identification information was available, the 

call on hold. If standard caller identification information was SN/IP 212 automatically transmits an audible representation 

available, the SN/IP 212 automatically transmits an audible of the name associated with a caller at calling communica- 

representation of the name associated with a caller at calling 65 tion station 220 to the called communication station 222. 

communication station 220 to the called communication SNAP 212 implements the text to speech module 216 to 

station 222. SN/IP 212 implements the text to speech mod- generate an audible representation of the name associated 



04/18/2003, EAST Version: 1.03.0002 



US 6,498,841 B2 



11 



12 



with calling communication station 220. The audible repre- 
sentation of the name is transmitted as audible caller iden- 
tification information to called telephone station 222. If 
standard caller identification information could not be 
provided, SSP 202 retrieves from SN/IP 212 the stored 
spoken caller identification information provided by the 
calling party when prompted (step 304, FIG. 3). In that case, 
the spoken caller identification is transmitted as audible 
caller identification information to called telephone station 
222. 

At step 512, the system transmits one or more disposition 
options to the called party. In one embodiment, an audible 
message is played to the called party to present the dispo- 
sition options. For example, the called party may be 
prompted to press 1 on a keypad of the telephone to accept 
the call waiting call, in which case the calling communica- 
tion station is connected to the called communication sta- 
tion. The called party may be prompted to press 2 to deny the 
call waiting call, in which case the calling party hears only 
ringing. This is advantageous because the calling party will 
have no indication that the incoming call was rejected, only 
an indication that no one was available to answer the call. 
The called party may be prompted to press 3 to route the call 
to voice mail, in which case a voice mail greeting is played 
to the calling party, who is given the option to leave a 
message for the called party. The called party may be 
prompted to press 4 to send a sales refusal message, in which 
case the system plays an announcement rejecting the call 
and requesting no further calls. The called party may alter- 
natively be prompted to press 5 to block the caller, in which 
case the calling communication station is blocked from 
ringing the called communication station in the future. Other 
call disposition options may be provided to suit the needs of 
particular subscribers, such as residential and business sub- 
scribers. 

The present embodiments provide an efficient and effec- 
tive method and system for providing to a customer an 
audible call waiting notification of a current call. The 
notification is provided for all calls, including a first- 
received call and a subsequently-received call waiting call. 
The present embodiments notify the customer that a current 
call is waiting in an effective manner that reduces confusion. 
Confusion is reduced by the combination of audible call 
waiting indicators and audible caller identification informa- 
tion associated with the calling telephone station. 
Additionally, both the indicator and the representation of the 
information can be provided automatically without signifi- 
cant delay. The indication is provided even when standard 
caller identification information is not available by prompt- 
ing the caller to provide spoken caller identification infor- 
mation. 

It is to be understood that a wide range of changes and 
modifications to the embodiments described above will be 
apparent to those skilled in the art and are contemplated. It 



is therefore intended that the foregoing detailed description 
be regarded as illustrative rather than limiting, and that it be 
understood that it is the following claims, including all 
equivalents, that are intended to define the spirit and scope 
5 of the invention. 
We claim: 

1. A method for processing a call in a communications 
system, the method comprising: 

receiving the call from a calling party at a calling com- 
10 munication station for a called party at a called com- 
munication station; 
routing the call to a Signal Switching Point (SSP); 
at the SSP, generating a terminating attempt query includ- 
5 ing a calling party identifier and a calling parting 
restriction indicator; 
communicating the terminating attempt query to a Service 

Control Point (SCP); 
at the SCP if standard caller identification can be provided 
20 for the call, including 
determining 

if standard caller identification for the call is 
available, 

if standard caller identification for the call is 
25 complete, and 

if a presentation restriction indicator for the call is set 
to "presentation restricted;" 
if standard caller identification can not be provided for the 
call, prompting the caller to provide spoken caller 
30 identification information; 

storing the spoken caller identification information; 
determining if the called communication station is off 
hook; and 

35 if the called communication station is off hook, providing 
audible call waiting information including the stored 
spoken caller identification information. 

2. The method of claim 1 wherein prompting the caller to 
provide audible caller identification information comprises: 

40 at the SCP, generating call control information; 

conveying the call control information to the SSP in 

response to the terminating attempt query; and 
at the SSP, in response to the call control information, 
activating a service node/intelligent peripheral (SN/IP) 
to generate a prompt to the calling communication 
station. 

3. The method of claim 2 wherein providing the audible 
call waiting information comprises: 

at the SSP, retrieving from the SN/IP the recorded spoken 

caller identification information; and 
transmitting the recorded spoken caller identification 
information to the called communication station. 
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